Exposure to high-level music produces several physiological changes in the auditory system that lead to a variety of perceptual effects. Damage to the outer hair cells within the cochlea leads to a loss of sensitivity to weak sounds, loudness recruitment (a more rapid than normal growth of loudness with increasing sound level) and reduced frequency selectivity. Damage to inner hair cells and/or synapses leads to degeneration of neurons in the auditory nerve and to a reduced flow of information to the brain. This leads to poorer auditory discrimination and may contribute to reduced sensitivity to the temporal fine structure of sounds and to poor pitch perception. Hearing aids compensate for the effects of threshold elevation and loudness recruitment via multi-channel amplitude compression, but they do not compensate for reduced frequency selectivity or loss of inner hair cells/synapses/neurons. Multi-channel compression can impair some aspects of the perception of music, such as the ability to hear out one instrument or voice from a mixture. The limited frequency range and irregular frequency response of most hearing aids is associated with poor sound quality for music. Finally, systems for reducing acoustic feedback can have undesirable side effects when listening to music.
INTRODUCTION
Exposure to high-level sounds, including music, can lead to permanent damage to or dysfunction of the OHCs, the IHCs, the synapses between the IHCs and neurons, and the neurons [1] [2] [3] . The perceptual consequences of each of these different forms of damage are described in the following sections.
However, it should be noted that, usually, more than one of these forms of damage is involved [4, 5] .
PERCEPTUAL CONSEQUENCES OF SOUND-INDUCED DAMAGE

OHC Damage
Damage to the OHCs impairs the operation of the active mechanism, which has three perceptual consequences. Firstly, it reduces the amount of BM vibration around the peak of the vibration pattern. The perceptual correlate of this is an elevation in the absolute threshold -the lowest detectable sound level.
The maximum amplification produced by the active mechanism is about 55 dB [6] , so the maximum hearing loss that can be produced by OHC damage alone is also about 55 dB. Hearing loss produced by exposure to intense sounds, including music, is typically greatest over the frequency range 3-6 kHz. As a consequence, weak high-frequency sounds (e.g. high notes played by a piccolo) may not be detected, and low-level musical sounds may have a "muffled" or "dull" timbre, since the higher harmonics may be inaudible. people with normal hearing [8] . Damage to the OHCs causes these filters to broaden by a factor up to 4 [2] .
This reduces the ability of the auditory system to determine the spectral shape of sounds, which is important for distinguishing spoken or sung speech sounds and for distinguishing different musical instruments. It also reduces the ability to "hear out" one sound in the presence of other sounds [9] and increases the susceptibility to masking from background sounds [10] .
A third consequence of OHC damage is an effect called loudness recruitment [11] . Assume that the level of a sound is progressively increased from a low starting value. Once the sound level exceeds the elevated absolute threshold, the loudness grows more rapidly than normal. At high sound levels, the loudness in an ear with OHC damage "catches up" with the loudness in a normal ear. This is illustrated in Fig. 2 , which shows results obtained using a listener with a hearing loss in the right ear and near-normal hearing in the left ear. A pure tone with a frequency of 2.5 kHz was presented in alternation to the two ears, and the listener was asked to adjust the level of the tone in one ear so that its loudness matched that of a fixed-level tone in the other ear. Loudness recruitment has effects similar to multichannel fast-acting amplitude expansion [13, 14] . One perceptual result is that fluctuations in sound level presented to an ear with loudness recruitment than when presented to a normal ear [15] . Loudness recruitment tends to be greatest for frequencies where the hearing loss is greatest. Hence, for hearing loss produced by exposure to intense sounds, the effects of recruitment are greatest for sounds with frequencies between 3 and 6 kHz. Such sounds may appear to jump abruptly in loudness as the level of the sounds changes [16] .
Another possible consequence of damage to the OHCs is that anomalies in pitch perception can occur.
For example, a pure tone of fixed frequency presented in alternation to the two ears may appear to have a different pitch in the left and right ears. This effect is called binaural diplacusis [17, 18] . It may happen because the position of the peak of the travelling wave on the basilar membrane evoked by a pure tone depends on the operation of the active mechanism, and can shift when the function of the OHCs is impaired [19, 20] .
Hearing aids do not compensate for the effects of binaural diplacusis.
IHC, Synaptic and Neural Damage
IHC damage may lead to a disruption of the temporal synchrony between the waveform on the BM and the action potentials (spikes) in the auditory nerve, although this effect appears to be small in animal models of noise-induced hearing loss [21, 22] . IHC, synaptic, and neural damage can all reduce the number of nerve spikes transmitted along the auditory nerve, leading to less precise neural coding of the properties of sounds. This can cause poorer discrimination of sounds, and may contribute especially to reduced sensitivity to the temporal fine structure of sounds and to poor pitch perception and sound localisation [22] .
When the IHC, synaptic or neural damage is nearly complete over a certain region along the BM, little or no information about BM vibration in that region is conveyed in the auditory nerve. I refer to such a region as a "dead region" [23, 24] . Dead regions are probably not common among classical musicians, but may be common among rock musicians or those who regularly attend rock concerts or discotheques, who are generally exposed to higher sound levels [25] . Tones falling within a dead region are often perceived as highly distorted or noise-like [26] , and often do not have a clear pitch [27] .
Other Perceptual Effects
Dysfunction of OHCs, IHCs and/or neurons leads to a reduced neural input to the central auditory system. It appears that in response to this the central auditory system applies greater gain to the signal coming from the auditory nerve, and this in turn may lead to two perceptual effects: tinnitus, the perception of sound in [30] . Hearing aids are not generally recommended for people with hyperacusis [31] , although some hearing aids can be programmed to attenuate high-level sounds, which might in theory provide some relief from hyperacusis.
WHAT CAN HEARING AIDS DO?
Compensation for Threshold Elevation and
Loudness Recruitment
Most current hearing aids compensate at least partly for the effects of threshold elevation and loudness recruitment. Threshold elevation can be compensated using amplification, and loudness recruitment can be compensated using automatic gain control (AGC), also called amplitude compression. Since sound-induced hearing loss leads to the greatest threshold elevation and loudness recruitment over the range 3-6 kHz, more gain and compression are needed over that range than at lower frequencies. This is achieved in hearing aids by splitting the input signal into multiple frequency channels (typically between 2 and 24) and applying independent amplification and amplitude compression in each channel. It should be noted that the number of channels needed to compensate for changes in loudness recruitment with frequency is much less than 24.
However, it is possible use the flexibility provided by many channels to achieve the target frequency response more accurately, and to partially compensate for irregularities in frequency response (see section 5).
Also, many channels may be beneficial for other aspects of signal-processing, such as noise reduction or adaptive directionality [32] . Fig. 3 illustrates the basic idea of AGC. For low input levels, the gain is independent of input level; the input-output function has a slope of one. For higher input levels, the gain decreases with increasing input level, and the input-output function has a slope less one.
The compression threshold is defined as the input level at which the gain is 2 dB lower than that applied in the region of linear amplification [33] . For very high input The speed of response of the AGC in a hearing aid is usually measured by using as input a sound whose level changes abruptly between two values, 55 and 90 dB SPL [33] . When the sound level abruptly increases, the gain decreases, but this takes time to occur. Hence the output of the system shows an initial "overshoot", followed by a decline to a steady value. The time taken for the output to get within 3 dB of its steady value is called the attack time, t a . When the sound level abruptly decreases, the gain increases, but again this takes time to occur. Hence the output of the system shows an initial dip or "undershoot", followed by an increase to a steady value. The time taken for the output to increase to within 4 dB of its steady value is called the recovery Most hearing aids are fitted using a published or manufacturer-specific "prescription method", based on the audiogram of the user [37, 38] . The goal may be to restore loudness perception to "normal" [39, 40] , to make all mid-frequency bands of speech equal in loudness [41] , or to optimize audibility while avoiding uncomfortable loudness [42] . However, the frequencyand level-dependent gains actually achieved can differ markedly from those programmed into the hearing aid.
In practice, the gains should be adjusted based on "realear measurements" using a small probe microphone placed close to the eardrum [43] . In addition, it is often necessary to make adjustments based on the preferences of the individual in terms of loudness and tone quality.
Advantages and Disadvantages of Slow-acting and Fast-acting Compression
Both slow-acting and fast-acting AGC can be found in hearing aids. Each has advantages and disadvantages.
The advantages of slow-acting AGC are: (5) Short-term level changes are preserved, so cues for sound localization based on interaural level differences are not markedly disrupted [45] .
The disadvantages of slow-acting AGC are:
(1) Loudness perception is not restored to "normal" for [15] . Slow-acting AGC does not reduce the amplitude-modulation depth of sounds except for very low modulation rates [46] , so this aspect of loudness perception is not restored to normal. In some slow-acting AGC systems, the output level changes only slightly with input level, and this may make it difficult for the user to judge the strength of sound sources, for example to judge whether a piece of music is being played piano or mezzo-piano.
(2) It may not deal effectively with situations where two voices or instruments alternate with markedly different levels.
(3) When there is a sudden drop in sound level, for example, when a forte passage is abruptly followed by a piano passage, the gain takes some time to increase.
Hence the aid may appear to become "dead" for a while, and part of the piano passage is not heard. 
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The disadvantages of fast-acting AGC are:
(1) It can introduce spurious changes in the shape of the temporal envelope of sounds (e.g., overshoot and undershoot effects) [52] , although such effects can be reduced by delaying the audio signal by a small amount relative to the gain-control signal [53, 54] . (4) In a hearing aid with fast-acting AGC in many channels, the spectrum is flattened. This compounds difficulties produced by the reduced frequency selectivity that is associated with OHC damage [2] .
(5) When the input signal to the AGC system is a mixture of different voices or instruments, fast-acting compression introduces "cross-modulation" between the voices/instruments, because the time-varying gain of the compressor is applied to the mixture [49, 52, 56] . This may decrease the ability to perceptually segregate the voices/instruments. However, this effect appears to be small for musical sounds [44] .
(6) When moderate levels of background sound are present (e.g., noise from ventilation and air-conditioning systems), fast compression makes such sounds audible, and this can be annoying [57] . When the number of channels is small, steady background noises may appear to be modulated by "foreground" sounds such as music.
This can also be annoying. However, this effect is reduced when the number of channels is increased.
(7) Cues for sound localization based on interaural level differences may be disrupted by the independent action of the AGC at the two ears [45, 58] . This effect can be avoided by synchronization of the AGC action across the two ears [58] .
(8) When the AGC is very fast-acting, it can introduce harmonic and intermodulation distortion [59] . However, the AGC can be designed to minimize the perceptual effects of such distortion [54] , and in practice harmonic and intermodulation distortion are not usually a significant problem in commercial hearing aids [50] , except perhaps for very high input and output levels [60, 61] .
On average, hearing-impaired people slightly prefer slow-acting AGC over fast-acting AGC for listening to music [62] . However, there are marked individual differences, and the reasons for these are not
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understood. Finally, AGC systems in hearing aids often operate in a manner that is far from optimal. In a recent survey, only 28% of hearing-aid users reported that they could hear soft passages in music without the louder parts being too loud [61] .
Multiple or Adaptive Time Constants
Some hearing aids incorporate AGC with multiple time constants [63, 64] or time constants that adapt depending on the characteristics of the signal [65] . Such systems are generally designed so that they are slowacting most of the time. However, if an intense sound suddenly occurs, the gain is rapidly reduced, to prevent loudness discomfort. If the intense sound lasts for only a short time, then the gain returns to the value that was operational before the intense sound occurred.
COMPENSATION FOR REDUCED FREQUENCY SELECTIVITY AND IHC/NEURAL DYSFUNCTION
Signal processing to compensate for the effects of reduced frequency selectivity by enhancing spectral contrast [66] or by enhancing spectral changes over time [67] has provided only limited benefits, and has not been implemented in commercial hearing aids. The effects of dysfunction of IHCs/synapses/neurons cannot be compensated directly. If the loss of IHCs is severe but neural survival is good, then a cochlear implant may be more effective than a hearing aid. However, music perception via cochlear implants is generally rather poor [68] .
The ability to "hear out" individual voices or instruments from a mixture could in principle be improved by use of directional microphone systems in hearing aids. However, the hearing aid does not "know" what voice or instrument the user wishes to attend to at any given moment, so generally an omnidirectional microphone is preferred for music listening.
EFFECTS OF BANDWIDTH LIMITATIONS IN HEARING AIDS
Most hearing aids do not provide significant gain for The gains were adjusted for each hearing-impaired listener using the NAL-NL1 fitting method [41] . Since this method does not give recommended gains for frequencies above 6 kHz, gains at high frequencies were based on a form of extrapolation. On average, the listeners showed a preference for the higher cutoff It is not obvious why some hearing-impaired listeners preferred the lower cutoff frequency. One possibility is that these listeners were unused to hearing frequencies above about 6 kHz. When these high frequencies were amplified, the sound quality may have appeared unpleasant because of this unfamiliarity. If this were the case, such listeners might come to prefer a higher cutoff frequency after an acclimatization period [72] . Another possibility is that the fitting rule used for the high frequencies may have led to greater than normal loudness of the high frequencies for some listeners, leading to a "tinny" or harsh tone quality.
Moore et al. [62] examined the influence of upper cutoff frequency on preferences for music using a simulated five-channel compression hearing aid and the method of paired comparisons. The gains and compression ratios of the simulated hearing aid were set individually for each hearing-impaired listener, using the CAM2 method [73] . In one experiment, the upper cutoff frequency was set to 5, 7.5 or 10 kHz. There were substantial individual differences, some listeners consistently preferring the 7.5-and 10-kHz cutoff frequencies and some consistently preferring the 5-kHz for good sound quality when listening to music [76] , consistent with the results obtained by Moore and Tan [74] for normal-hearing listeners.
EFFECTS OF IRREGULAR FREQUENCY
RESPONSE
The frequency responses of hearing aids measured using a microphone close to the eardrum often show distinct ripples. For closed-fit hearing aids, these can be caused by resonances in the acoustical delivery system, for example, the tubing leading from a behind-the-ear hearing aid to the earmould. It is possible to reduce these peaks, smoothing the overall frequency response, by suitable modifications to the tubing and/or by the use of acoustic resistors [77, 78] . For open-fit hearing aids, ripples in the frequency response can be caused by the interference of (delayed) amplified sound from the hearing aid with (undelayed) sound leaking into the ear canal [79] . These ripples can be reduced by adjusting the gain in individual frequency channels, provided that the aid has many such channels. However, the ripples are difficult to eliminate completely, and, for a hearing aid with multi-channel compression, the pattern of the ripples may change with input sound level. Listeners were asked to rate each sound sample on a scale ranging from "very unpleasant" to "very pleasant".
Pleasantness ratings decreased systematically with increasing peak height and also tended to decrease with increasing center frequency of the peak. Multiple peaks led to lower pleasantness than a single peak. Even the smallest peaks used (10 dB) led to noticeable reductions in pleasantness for some of the music signals. This is consistent with results obtained for normal-hearing listeners [74, 81] .
It can be concluded that the quality of music as perceived by hearing-impaired people is reduced by frequency-response irregularities when the peak-tovalley ratio in the response reaches 10 dB, which can occur for some hearing aids. In addition, there are at least three benefits of smoothing the frequency response other than effects on sound quality: (1) It can reduce acoustic feedback; (2) It can reduce the distortion (including temporal distortion produced by rapid phase changes) that often occurs at frequencies around peaks in the response; (3) It can allow a greater proportion of the spectrum of the sound to be above threshold before the uncomfortable loudness level is reached.
EFFECTS OF FEEDBACK CANCELLERS
Sometimes, the sound generated by a hearing aid leaks back to the hearing aid microphone and sets up a sustained oscillation called acoustic feedback. This can be annoying to the user and to other people, it limits the maximum gain that can be applied, and it introduces distortion. Most modern hearing aids employ adaptive systems to cancel or filter out acoustic feedback [82] .
However, such systems are not always fully effective. Chasin [60] has argued that distortion in hearing aids for high input signal levels occurs mainly because of the limited dynamic range that can be handled by current ADCs. Schmidt [88] suggested reducing this problem by using microphones that are less sensitive at low frequencies. Hockley et al. [89] suggested shifting the dynamic range used by the ADC upwards to include higher sound levels. They found that this led to an overall improvement in musician's ratings of sound quality. At least one hearing aid manufacturer has introduced a hearing aid with an extended input dynamic range, leading to less distortion and improved sound quality for very high input levels [90] .
PROBLEMS WITH TIME DELAY
Digital hearing aids delay the audio signal by 1-10 ms, depending on the type of signal processing that is 
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For example, when the hearing-aid user speaks (or sings), there will be an asynchrony between the boneconducted sound of the user's voice and the sound heard through the aid. In addition, the relative timing of the motor gestures and the sound will be abnormal. Stone and Moore [91] found that the disturbing effects of delay on perception of the user's own voice became significant when the delay reached about 20 ms. For the delays typically found in commercial hearing aids (<10 ms), there was no significant disturbing effect. Another study [92] reported a small but significant disturbing effect of a 10-ms delay (the largest used), but the rated disturbance was low for all delays.
There are few studies of the effects of delay when Søndergaard [92] found that a delay of 10 ms led to a significant disturbing effect for normal-hearing listeners, but not for hearing-impaired listeners. Lester and Boley [93] investigated the effect of delay in livemonitoring scenarios, with monitoring either via loudspeaker "wedges" or in-ear monitors (IEM). They found that sensitivity to delay varied markedly across instruments; sensitivity was greatest for the saxophone and least for keyboards. The concluded that delays greater than 6.5 ms for wedges and greater than 1 ms for IEM would likely produce slight artifacts for some instruments, while delays greater than 16 ms for wedges and greater than 6.5 ms for IEM would probably produce a perception of actual delay for some instruments.
Some hearing aids produce a delay that is frequency dependent; usually the low frequencies are delayed more than the high frequencies [94] . This can make transient sounds appear to be smeared in time. For example a click may sound like a rapid frequency chirp.
Stone and Moore [95] found that across-frequency delays of 9-15 ms led to significant disturbing effects on perception of the listener's own voice and when listening to speech. Also, delays of 15 ms or more had a significant deleterious effect on the ability to identify nonsense syllables. Kates and Arehart [94] measured the smallest detectable across-frequency delay for various types of signals, using both normal-hearing and hearingimpaired subjects. The lowest threshold of about 2 ms was found for the normal-hearing subjects and a click stimulus. Hearing-impaired subjects had a higher threshold for the click of about 5 ms. The thresholds for speech signals were higher. The across-frequency delays in current hearing aids are usually less than the smallest detectable delay for speech stimuli [94] .
CONCLUSIONS
Sound-induced hearing loss has effects beyond the obvious reduction of sensitivity to frequency 
